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This paper is based on the novel use of a very high fidelity decimation filter chain for 
Electrocardiogram (ECG) signal acquisition and data conversion. The multiplier-free 
and multi-stage structure of the proposed filters lower the power dissipation while 
minimizing the circuit area which are crucial design constraints to the wireless non-
invasive wearable health monitoring products due to the scarce operational resources in 
their electronic implementation. The decimation ratio of the presented filter is 128, 
working in tandem with a 1-bit 3rd order Sigma Delta (ΣΔ) modulator which achieves 
0.04 dB passband ripples and -74 dB stopband attenuation. The work reported here 
investigates the non-linear phase effects of the proposed decimation filters on the ECG 
signal by carrying out a comparative study after phase correction. It concludes that the 
enhanced phase linearity is not crucial for ECG acquisition and data conversion 
applications since the signal distortion of the acquired signal, due to phase non-linearity, 
is insignificant for both original and phase compensated filters. To the best of the 
authors’ knowledge, being free of signal distortion is essential as this might lead to 
misdiagnosis as stated in the state of the art. This article demonstrates that with their 
minimal power consumption and minimal signal distortion features, the proposed 
decimation filters can effectively be employed in biosignal data processing units. 
Keywords -- decimation filter; halfband allpass filter; multiplier free; non-linear 




The ECG is a fundamental component in patient monitoring and diagnosis. Accurate 
ECG signal acquisition and its precise analysis are of great importance and have been 
subject to numerous research work [1]. ECG signals reflect transmembrane potential 
differences in myocardial cells, as a result of the ionic movement in and out of the 
extracellular space and can be measured between any two points on the body surface 
using electrodes. A standard clinical ECG signal is composed of waves at different 
frequency bands, each reflecting the electrical activation of different parts of the heart. 
These waves are known as the P, QRS, and T waves, representing the atrial 
depolarization, ventricular depolarization and repolarization respectively as shown in 
Fig.1. They have extremely low amplitude ranging from 100µV to 5mV and low 
diagnostic frequency bandwidth between 0.05 to 100 Hz [2]. Diagnosis of the cardiac 
health conditions mostly rely on the assessment of the ECG data based on the interbeat 
timing and wave amplitudes. Different types of arrhythmia can be distinguished by the 
morphological and beat-to-beat interval variations and/or missing beats. The standard 
clinical features of ECG waves for a healthy adult male in sinus rhythm are presented in 
Table I [2]. These metrics depend on several factors such as age, gender, heart rate, 





Fig.1. Time domain features of an ECG signal – P, QRS, and T respresent the atrial 
depolarization, the ventricular depolarization and atrial and ventricular respolarization 
respectively [3]. 
TABLE I.  NORMAL VALUES OF TYPICAL LEAD II  ECG FEATURES OF A HEALTHY MALE 
































Due to low amplitude characteristics, 10 to 16 bits of resolution is required in order to 
represent the acquired ECG data accurately in the digital domain. Thus, the Sigma-Delta 
(Σ∆) oversampled Analog-to-Digital Converters (ADCs) are well suited for the 
digitization process, since they provide high resolution and dynamic range for low-
bandwidth biomedical signals with simple hardware architectures [4]. The Σ∆ ADCs 
incorporate two sections which are the modulator and digital filter. The Σ∆ modulator 
reduces the quantization noise in the signal band by moving it to higher frequencies by 
means of oversampling and noise shaping. Digital processing of the raw high-rate bit 
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stream from the modulator is computationally complex, resulting in high power 
consumption and expensive digital circuitry. Therefore, a decimation filter is used to 
reduce the sampling rate while preserving the resolution by filtering the high frequency 
noise and downsampling. The wearable medical embedded systems face many design 
challenges, most important ones being the operating lifetime, area occupied, power 
consumption and affordability [5]. This work proposed a decimation filter chain for 
ECG signal acquisition which provides a highly efficient filtering performance by 
introducing minimal signal distortion, contributing towards overcoming the 
aforementioned challenges. The proposed design employs cascaded Slink filter 
(generally spuriously referred as CIC filter in the state of the art [6, 7]), two path all-
pass (AP) based half-band (HB) Infinite Impulse Response (IIR) filters and a Slink roll-
off compensator [8-14]. 
Several decimation filters are proposed for biosignal acquisition systems. Some 
employed multi-stage FIR decimation filters with very high filter orders, and therefore 
necessitating extra processing in terms of arithmetic operations [15-19]. Some used 
single stage decimation filter which is solely a Slink filter [20].However, using a single 
Slink filter with  high decimation ratio comes at a high cost, does not easily provide the 
required stopband attenuation for supressing the high frequency noise, and exhibits a 
high roll-off in the passband region which degrades the in-band signal features. In other 
studies, four stage decimation filters that have high power consumption and hardware 
complexity are used [21, 22]. In [23, 24] single stage FIR decimation filters are used, in 
which the filter coefficients are optimized in order to match the analog loop filter 
response of the modulator. Single stage decimation with high decimation rate requires 
sharper transition, high stopband attenuation and thus higher filter order. Whereas, the 
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Canonical Signed Digit (CSD) representation of filter coefficients is another alternative 
for reducing the complexity of the decimation filters. This representation uses series of 
subtractions and additions in order to accomplish the multiply operation. Although the 
number of multiplier units are decreased by this method, the need for high order digital 
filters in the decimation stage is not avoided [1, 25]. The aforementioned filters are all 
designed by using high order FIR filters which inevitably increased the power 
consumption and hardware complexity. In addition, in [1, 26] three stage decimation 
chains each employing a slink, an FIR and an IIR filter are proposed. However, due to 
the non-linear phase of the IIR filter, an additional phase equalizer is applied following 
the decimation chain. Thus, even though the overall filter order is reduced, compared to 
FIR filters, the hardware complexity and power consumption is increased by the use of 
the equalizer. 
This paper describes the design of a two-path AP based HB IIR filters within a 
decimation chain which are deployed in various applications in which they required 
small number of filter coefficients and thus avoiding higher orders [7-13]. IIR filters are 
renowned for their computational efficiency however at the expense of having a non-
linear phase response which may result in waveform distortions in time-domain. The 
work reported here studies the non-linear phase effects of these filters on ECG data.  For 
further investigation phase compensation filters are implemented using low-complexity 
cascaded AP filter sections and results from the original and phase corrected filters are 
comparatively studied. To the best knowledge of the authors this is a first in the open 
literature. 
The rest of the paper introduces the detailed structure of the proposed decimation filter 
along with the magnitude, phase and group delay characteristics. The following section 
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further provides information on phase compensation filter design and introduces the 
databases used for simulation, test and evaluation purposes. The paper concludes with 
the results and discussion sections. 
2. Methodology and Experimental Evaluation Setup 
In this section the proposed decimation filter structure along with filters’ group delay 
response are first introduced. Following these, the design of phase compensation filters 
and the methods used for evaluating and testing the performance of the proposed design 
on ECG data are described. 
2.1  The Proposed Decimation Filter Structure 
The proposed decimator (filter followed by downsampling) is designed to achieve a 
decimation ratio of 128 in order to demodulate the 1-bit output stream from a third-
order ΣΔ modulator. It is composed of four cascaded multiplier free stages, which are a 
fourth-order Slink filter, two fifth-order two-path AP based HB IIR filters and a first 
order Slink compensation filter. The overall decimator is designed to achieve 0.04 dB 
passband ripples and -74 dB stopband attenuation. The behavioural structure of the 
cascaded decimation filter incorporating the decimation ratios at each stage is shown in 
Fig.2. 
















 HB IIR 
2:1 
 
Fig. 2. Behavioural structure of the decimation filter, incorporating the 4th order Slink, two 
2-path AP based HB IIR, and Slink compensation filters. 
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2.1.1 The Slink Filter 
A fourth order Slink filter with a decimation ratio of 32 is the first stage of the 
proposed design that has linear phase with a multiplier free structure and the z-domain 
























zH slink               (1) 
The gain of the filter is required to roll-off at a faster rate than the Σ∆ modulation noise 
rises, and therefore the order of the filter has to be one higher than the Σ∆ modulator’s 
order. On the contrary, a filter with higher order causes higher roll-off in the band of 
interest and a lower order filter will not provide the required stopband characteristics 
resulting in aliasing in the signal band [27]. The Slink filter incorporates two sections 
with the opportunity of shifting the downsampler in between these two sections. The 
two sections are 4 cascaded accumulators and 4 cascaded differencers. The shifted 
downsampler enables the differencers to operate at 32 times slower rate than the input, 
reducing the power consumption, which makes it well suited for applications requiring 
high decimation factors and low circuit complexity and power consumption [7] 
2.1.2 Two-Path All-pass based Half-Band Infinite Impulse Response Filters 
In order to provide computationally efficient second and third stages of the decimation 
chain shown in Fig. 2, very high fidelity minimum phase two-path AP based HB IIR 
filters are designed where at each stage the input signal is decimated by two. The filters 
described here are formed by two-parallel paths composed of second order AP filters 
with multiplier free structures. The delayer in the bottom path of the recursive 
polyphase structure creates an increasing phase difference between the two paths. This 
difference reaches 90º at νc and 180º at νs which define the cut-off and the stopband 
9 
 
frequencies respectively. Since )(zAi , given in (2), is rational and sparse, the 
downsamplers can be shifted before the AP sections by using the Noble identity in order 
to avoid unnecessary sample operations [28] as shown in Fig. 3. The coefficients of the 
AP sections in the second and the third decimation stages are designed to be powers of 
two ( 1  = 0.125 and 2  = 0.5625). These coefficients eliminate the need for multipliers 
by replacing them with shift and add operations, as shown in Fig. 4 (a) and (b), where 
“>>” represents a binary shift operation along with a number indicating the number of 
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where i=1,2 and i  represents the coefficients of the AP filters. Each of the proposed 
HB IIR filters achieves 0.47 μdB passband ripples in the region of signal activity and -
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Fig. 3. Two-path AP based HB IIR Decimator structure, incorporating AP filters with z-
domain transfer functions A1(z1) and A2(z1) in the top and bottom paths respectively. z2 and z1 




























Fig. 4. First order AP filter structures for (a) A1(z1) in the top branch with 1 = 0.125 and 
(b) A2(z1) in the bottom branch with 2  = 0.5625. 
2.1.3 The Slink Roll-off Compensation Filter 
The Slink compensator is the last stage in the proposed design, exhibiting a passband 
response that is the inverse of the Slink filter in order to compensate the amplitude roll-
off in the band of interest (dc to half Nyquist) caused by the Slink filter. The 
compensator has a similar structure with the AP sections given in Fig. 4 whereas only 
one delayer is required as shown in Fig. 5 [6, 31]. This filter also has a multiplier free 
structure, since the only coefficient is designed as power of two and can be 










Fig. 5.  Slink roll-off compensation filter structure with coefficient c  = 0.03125. 
2.1.4 Decimation Chain Magnitude Response 
The decimation filters introduced in the previous sections were implemented using 
MATLAB in order to validate the overall system performance. The overall decimation 
chain achieves 0.04 dB passband ripples and -74 dB stopband attenuation. Fig. 6. (a) 
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and (b) present the fullband magnitude response of the decimation chain at  
oversampled and output data rate. Fig. 6. (b) further presents the Slink (blue) and Slink 
compensation filters’(red) magnitude characteristics in the band of interest. 
 
Fig. 6. Full band magnitude response of the overall decimation filter, (a) at input rate (zoomed 
into the passband region) and (b) at the output rate (decimated) along with the Slink (blue) and 
Slink compensation (red) filters’ magnitude response. 
2.1.5 Phase Characteristics of Two-Path All-pass Based Half-band Polyphase IIR Filter 
IIR filters are well known for their non-linear phase response which should be 
compensated in order to avoid any phase distortion on the signal to be processed. The 
filter group delay is a measure of the linearity of the filter’s phase response which is 











  where  )(v  is the filter phase and v  = f/fs is normalized 
frequency, fs being the sampling frequency [30]. 
The group delay contribution of the second stage and third stage filters (Fig. 2), both of 
which are chosen to have the same structural and coefficient content as depicted in Fig.3 

























)(        (4) 
where N1 is the downsampling ratio at the first stage of the decimation filter and K is the 
number of paths in the filter structure. In (4), τk ( v ) represents the group delay 
contribution of the kth AP filter with coefficient αk to the overall group delay of the AP 














      (5) 
and )( zv is the summation of the delta functions in the group delay occurring at 
frequencies v z > 0.25 corresponding to the filter zeros [30]. Since the frequency 
components beyond the cut-off frequency correspond to filter’s stopband region, the 
parameter   in (4) can be ignored. The total group delay for the aforementioned filters 
results in a bell-like shape that can be formulated as  )()(
2
1
)( 21 vvvHB   according 
to (4), for K=2 and ignoring the delta functions at the filter’s stopband. Here τ1 ( v ) and 
τ2 ( v ) are the group delay functions of the AP filters in the top and bottom branches. 
The group delay of the two-path AP based HB IIR filter with non-linear phase response 




Fig. 7. The group delay of the two-path AP based HB IIR filter with the AP section 
coefficients 1 = 0.125 and 2 = 0.5625. 
2.2 Phase Compensation 
Linear phase is desired for most of the systems especially the biomedical applications 
since the temporal characteristics of a biosignal is of great importance due to diagnostic 
purposes. Non-linear phase results in a non-constant group delay which introduces 
different amount of time delays at different frequencies which may result in a distortion 
in the time domain amplitude of a signal. 
Phase non-linearity can be compensated by designing cascaded AP correctors with a 
phase response which is approximately opposite of that for the polyphase filter [30]. 
The aim is to achieve an almost constant group delay response in the band of interest. A 













































      (6) 
where 0c  and cm are the coefficients of a single second order and higher order 
correctors respectively.  In order to study the non-linear phase effects of the proposed 
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AP based HB IIR filters, a second order single corrector and a four section compensator 
are designed according to the detailed algorithm provided in [30].  Due to high sampling 
rate at the second stage of decimation, the phase non-linearity in the band of interest 
(i.e. the group delay peak-to-peak difference) is small however, it grows quickly as the 
sampling rate reduces at the third stage. Thus, a single AP corrector at the second stage 
is sufficient whereas, a 4 section corrector is required for the third stage in order to 
achieve a better correction in the band of interest.  In this study, the phase is 
compensated up-to v c = 0.125 which reduces the peak-to-peak difference in the band of 
interest (in this case for v c = 0.125) from 0.431 to 0.0041. In other words peak-to-peak 














 ,  where 0 ≤ v  < v c  (7) 
where τb ( v ) and τa ( v ) are the group delays before and after phase correction 
respectively. 
Fig. 8 (a) presents the normalized group delay responses of the original filter (blue) 
versus the phase corrected filter (black) via a single section AP corrector (red). 
Similarly, Fig. 8 (b) illustrates the group delay responses of the original (blue) and 




Fig. 8 The two-path polyphase IIR filter’s normalized group delay response corrected using (a) 
a single section corrector and (b) a 4 section corrector along with the original filter’s (blue), and 
the phase compensator’s (red) group delay responses. 
2.3  T-Wave Alternans Challenge Database and MIT-BIH Arrhythmia 
Database 
For evaluating the performance of the proposed decimation filter with ECG data, 10 
second long recordings from two databases were used. The T-Wave Alternans 
Challenge (TWAC) Database provides ECG recordings at sinus rhythm which were 
acquired and digitized at 500 Hz by a typical 12-lead standard ECG from healthy 
subjects [32]. In addition, the MIT-BIH database provides ECG data with a wide range 
of arrhythmia and beat morphology variations, which were recorded via a two-channel 
recorder and digitized at 360 Hz [33, 34]. 
Spectral analysis was carried out for both datasets by taking the averages of the power 
spectral densities (PSDs) of each data set for each Lead in order to determine the 
frequency content distribution of the data records. Results from the TWAC Database 
records showed that more than 99 % of the average power is concentrated in the 
frequency band of 0 – 50 Hz ( v  = 0 - 0.1) Fig. 9 (a) presents the average power of 12-
Leads (named through I to V6) at the corresponding frequency band for record twa55. 
Fig.9 (b) shows the average power in several frequency bands of Lead II records of 13 
16 
 
different heart conditions, obtained from MIT-BIH Arrhythmia database along. These 
heart conditions are chosen according to their density of occurrence such as atrial 
fibrillation, ventricular fibrillation and tachycardia. In the presence of different 
arrhythmias and conduction abnormalities, similar to the previous observation, more 
than 99 % of the average power is concentrated in the frequency band of 0 – 45 Hz ( v  = 
0 - 0.125). The 60 Hz power-line interference (USA standard) and its second harmonic 
can be observed as peaks in the corresponding plots. 
 
Fig.9. PSD of 10 seconds long (a) 12 lead recordings (from Lead I to V6) of record twa55 in 
sinus rhythm obtained from TWAC Database and (b) 13 Lead II recordings  from MIT-BIH 
Arrhythmia Databse with various conduction abnormalities and beat morphologies. (AFIB 
:Atrial fibrillation , AFL: Atrial flutter, SBR: Sinus bradycardia, IVR: Idioventricular rhythm, 
SVTA: Supraventricular tachyarrhythmia, VFL: Ventricular flutter, VT: Ventricular 
tachycardia, BII: 2° heart block, PREX: Pre-excitation, B: Ventricular bigeminy, T: Ventricular 
trigeminy and P: Paced rhythm) 
In addition, the spectral resemblance between each of the leads and consecutive 10 
second time segments of the same lead for both sets of data is studied by measuring the 








        (8) 
17 
 
where Pxx and Pyy are the power spectral estimates of x and y respectively, and Pxy is the 
cross spectral estimate of x and y. The coherence value shows the degree of spectral 
resemblance of x to y at each frequency, which ranges between 0 and 1 [2]. The CSC 
results are almost 1 for each lead and different time instances showing very high 
spectral resemblance among each other. Therefore, the performance of the decimation 
filters on one channel of a 10 second segment of ECG signal is a good indication for its 
performance on the overall system and longer recordings. 
2.4 Error Measures 
The performance of the proposed filter without and with phase correction can be 
quantified by measuring the filter input and output signal similarities in time domain 
(after time alignment) by calculating the cross correlation and Root Mean Square Error 
(RMSE) among each other which is defined in (9) and (10) [2, 35]. The correlation 
coefficient values are normalised between 0 and 1 which indicate no similarity and 
exact match respectively. The complement of the correlation coefficient is used as a 
measure for the waveform dissimilarities and is insensitive to variations in gain [36]. 
Thus, the RMSE is used for measuring the variations in the amplitude of the input x[n] 





yxR ),(        (9) 
where, Cxy  is the covariance between x[n] and y[n], Cxx and Cyy are the auto-covariance 












      (10) 
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where, N is the number of samples, x[n] is the ECG data records, and y[n] is the output 
from the decimation chain. The spectral similarities of the corresponding signals are 
quantified by calculating the distortion ratio (DR) and the CSC, given in (11) and (8) 
respectively. The CSC is a measure that is not effected by the signal morphology and 
amplitude, quantifying the steadiness of the input and output signal phases as a function 




















DR       (11) 
where )( fX  and )( fY  are the spectral magnitude of the input and output of the 
decimation chain. 
3. Experimental Results 
In order to test and evaluate the performance of the proposed decimation filter for ECG 
signal acquisition, ECG data, described in Section 2.3, were fed into a single-loop 3rd 
order 1-bit Σ∆ modulator and modulated at a rate of 128 times faster than the Nyquist 
sampling frequency which is then filtered and decimated. The behavioural fixed-point 
models of the aforementioned filters were implemented through MATLAB. 
The simulations were run for the 10 second long Lead II recordings of two different 
databases. First dataset includes 6 recordings (records twa39, twa46, twa55, twa60, 
twa90 and twa99) from healthy subjects in sinus rhythm and the second data set 
includes 13 each representing different arrhythmias and beat morphologies as depicted 
in Fig 9. Both datasets are decimated by the decimation filters described in Section 2.1 
with and without phase compensation. 
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The decimation filter performance is first evaluated by measuring the SNR at the output 
of the Σ∆ modulator and the decimation chain without and with compensation, under 
the sampling rates of 46.08 kHz and 64 kHz. The results were obtained by feeding a 50 
Hz sine wave with an added 60 dB white noise to the Σ∆ modulator and the signal 
bandwidths were chosen as 360 Hz and 500 Hz for the aforementioned sampling 
conditions respectively. The SNR (in the band of interest) at the output of the modulator 
and the decimation chains without and with phase compensation at the sampling rate of 
64 kHz were 80.2 dB, 80.1 dB and 80.1 dB respectively. The proposed decimation filter 
successfully preserved the SNR in the band of interest after the decimation process. In 
addition, SNRs obtained after decimating the modulated signal with the decimation 
filters without and with compensation demonstrated that the compensation filters do not 
contribute to the in band noise attenuation. Fig. 10 (a) and (b) present the PSDs and 
SNRs of the modulator and decimator outputs, respectively. 
 
Fig. 10.  Power spectrum measurments within the signal bandwidth of 500 Hz for sampling 
rate of 64 kHz, (a) Σ∆ modulator output and (b) decimation chain output (without phase 
compensation (black) and with phase compensation (red). 
Normalized group delay introduced by the final three stages of the decimation chain 
(two AP based HB IIR filters and a slink compensator), the compensated group delay 
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(up to v  = 0.125), filter magnitude response at the decimation chain output and the PSD 
of a Lead II ECG record (record twa55) from a healthy subject are shown in Fig. 11. 
 
Fig. 11  PSD of Lead II recording of record twa55 at sinus rhythm (blue) versus the group 
delay variation with (green) and without phase compensation (red) filters, f1 =22.5 Hz 
( 1v =0.0625) and f2 = 45 Hz ( 2v =0.125) indicated by the yellow lines at fs2  = 46.08 kHz. 
The variations in the total group delay of the filters are calculated in the specified 
frequency bands (yellow lines in Fig. 11). Table II provides the group delay variations 
in number of samples and in µ seconds at two different sampling rates fs1 = 64 kHz and 
fs2 = 46.08 kHz for TWAC Database and MIT-BIH Arrhythmia Database respectively. 
TABLE II.  VARIATION IN THE GROUP DELAY IN NORMALIZED FREQUENCY BANDS OF 
0625.001 Bv  AND 125.002 Bv . 
Normalized   Without compensation   With Compensation 
Frequency  Samples µSec µSec   Samples µSec  µSec 
Band (νB)    (fs1*) (fs2**)     (fs1)  (fs2) 
0 – 0.0625    1.86  40.28    29      0.22    4.8  3.44 
0 – 0.125    7.61  165.15   119     0.49  10.63  7.66 
* fs1 = 46.080 kHz 
** fs2 = 64 kHz 
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As mentioned in Section 2.3 and shown in Fig. 9, more than 99 % of the power of the 
ECG data is concentrated in the frequency range of the ν= 0 - 0.125 for both datasets, 
thus group the delay variations are explored in this frequency range. According to the 
upper and lower limits of wave durations given in Table I, the group delay variation 
caused by the decimation filters are relatively low for the frequencies up to ν= 0.125. 
The maximum variation the signals are exposed to are 165 µsecs (fs2 = 46.08 kHz) and 
119 µsecs (fs1 = 64 kHz) without compensation, and 10.63 µsecs (fs2 = 46.08 kHz) and 
7.66 µsecs (fs1 = 64 kHz) with compensation. These deviations are comparatively low 
regarding to the wave durations and normal limits for standard ECG features, thus the 
group delay variation due to phase non-linearity without compensation in this frequency 
range is negligible. 
The first experimentation incorporated the data obtained from healthy subjects which 
were digitized at 500 Hz and oversampled by a factor of 128 (i.e. 64 kHz). Fig 12. (a) 
and (b) illustrate the input (record twa55) versus output from decimation chain without 
and with phase compensation respectively. As it can be observed from Fig. 12, there is 
no visible error between two filter outputs. This amplitude error can be visualized from 
Fig. 13 obtained by subtracting the original and phase compensated outputs from the 
original input. In Fig. 13, a relatively large overshoot with a decaying manner can be 




Fig. 12. Decimation chain output (black) versus the input(red) (a) without phase 
compensation and (b) with phase compensation. 
 
Fig. 13. Amplitude difference between the input and output of the decimation chain, 
without (original - red) and with compensation (corrected - black). 
The average of 6 RMSE values of data records obtained from decimation chain without 
compensation that were calculated according to (10) is 15 nV with a maximum value of 
20 nV and a minimum of 10 nV. and for the one with compensation it is 13.2 nV with a 
maximum of 15.5 nV and minimum of 0.7 nV. The most obvious amplitude differences 
are observed at the QRS peaks where the frequency content of the QRS complex is 
exposed to a higher group delay. The largest peak amplitude errors in 6 of the data 
demodulated with decimation filter without and phase correction were 43 nV and 44 nV. 
According to the normal variation limits given for the ECG wave amplitudes (Table I) 
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both mean errors and the maximum QRS peak errors are acceptable since they are 
relatively small. In addition, the overall mean of input/output dissimilarity calculated by 
(10) 0.2×10-3 % and 0.13×10-3 % for uncompensated and compensated filters 
respectively and waveform dissimilarities for each data records are shown in Fig 14. 
 
Fig. 14. Waveform Dissimilarity between the input and output of the overall decimation 
chain without (blue) and with group delay compensation (red). 
Finally, the spectral similarity is measured by calculating the distortion ratio as well as 
the CSC between the input and the output. The DR is calculated for 6 of the ECG data 
using (11), which are represented in Fig. 15 and the means are 2.2% and 2.92 %, for 
filters without and with compensation, respectively. The CSC for the input and the 
output is also calculated which give values that are approximately 1 for most of the 




Fig. 15. Input/ Output Distortion Ratios of the overall decimation chain without (blue) and 
with phase compensation (red). 
The above mentioned experiment is repeated for the data obtained from MIT-BIH 
which are digitized at 360 Hz and oversampled by a factor of 128 (i.e. 46.08 kHz). 
Average of the RMSE values obtained from decimation chain without compensation is 
83.5 nV and for the one with compensation is 75 V. The largest peak amplitude errors in 
13 of the data demodulated with decimation filter without and phase correction are 48 
nV and 60 nV. A 10 second long Lead II recording from a patient suffering from 
ventricular tachycardia (record 213) after processing with the decimation filters 
discussed above is presented in Fig. 16. The error measures between the input and 





Fig. 16. Decimation chain output (black) versus the input (red) (a) without phase 
compensation and (b) with phase compensation (Ventricular Tachycardia) 
 
Fig. 17. Amplitude difference between the input and output of the decimation chain, 
without (red) and with compensation (black). (Ventricular Tachycardia) 
Fig. 18 and 19 show the waveform dissimilarity and the measured distortion ratio for 
these records. The mean DR is calculated to be 2% and 2.6 % for decimation filter 
without and with compensation, respectively. Also, the overall mean of input/output 
dissimilarity is estimated to be 0.13×10-3 % and 0.05×10-3% for uncompensated and 
compensated filters respectively. The group delay compensation results in a better 




Fig. 18. Waveform Dissimilarity between the input and output of the overall decimation 
chain without (blue) and with phase compensation (red). 
 
Fig. 19. Input/ Output Distortion Ratios of the overall decimation chain without (blue) and 
with phase compensation (red). 
The performance of the proposed polyphase filter is also compared to the AP based 
polyphase filters that are designed according to the algorithms provided in the state-of-
the art. Cascading multiples of the polyphase structures improves the stopband 
attenuation while keeping the cost and complexity low, however in the cost of decreased 
passband ripples and increased group delay. In order to achieve a better stopband 
attenuation a cascade of two proposed polyphase filters are implemented [7]. According 
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to the algorithm provided in [37], a two path polyphase filter with two cascaded AP 
filters in both paths and finally, the filter designed in [38] incorporating 4 cascaded two 
path polyphase structures with single AP filters are implemented. Table III shows the 
filter specifications, the number of adders and multipliers required and the group delay 
introduced by each filter. 
TABLE III.  TWO-PATH AP BASED HB IIR FILTER CHARACTERISTICS CSOMPARISON WITH THE 
STATE-OF-THE-ART 
  Filter Specifications   Cost   Group Delay Variation 
            (Samples) 
  Order   εp*    εs**  υT***   No. of  No. of  0-0.0625 0- 0.125 
Filter   (dB) (dB)   Adders Multipliers 
Our Work    5 0.47 µ   70 0.15       6        N/A     1.86      7.61 
[7]  10 1 µ 140 0.15      12        N/A     3.44     14.17 
[37]  9 1.17 µ   70 0.05       9          4      3.01     12.45 
[38]  12 0.1   88 0.05      11        N/A     3.63     15.32 
* εp: Passband Ripples 
** εs: Stopband Attenuation 
*** υT: Normalized transition bandwidth 
4. Discussion 
The calculated SNR at the modulator and decimation filter output has shown that the 
proposed design with or without compensation successfully filters the out-of-band 
quantization noise while preserving the SNR in the signal band without detrimental 
group delay distortion. According to the simulation results obtained by using various 
ECG data sets with different diagnostic importance, the spectral similarity for both sets 
of data (healthy and unhealthy) is approximately the same due to the passband 
characteristics of the decimation filters. Morphological similarity between the filter 
input and the output is too high for the filters without compensation in the case of both 
normal sinus rhythm and arrhythmia. In addition, since the mean amplitude error is 
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negligibly small and almost the same for both filters, the use of the compensation filter 
is not necessary, thus saving power and cost by avoiding the use of extra hardware. 
The comparisons with the state-of-the art filters and the filters implemented according 
to the state-of-the-art algorithms showed that the proposed polyphase structures are 
superior to others since they provide very small passband ripples and sufficient 
stopband attenuation with negligible group delay variation in the band of interest. The 
proposed design requires no multiplier which makes it superior to the filter designed by 
[37], although they exhibit almost the same magnitude characteristics. Although, [38] is 
a multiplier free design also, it requires almost twice the number of adders in order to 
achieve a stopband attenuation of 80 dB and suffers from having large passband ripples. 
In addition, the group delay variation introduced by our design is almost half of the 
group delay variation introduced by [37] and [38]. Cascading two polyphase structure 
provides a very high stopband attenuation and micro dB passband ripples. However, the 
performance of a single polyphase filter incorporated in a decimation chain is sufficient 
enough to attenuate the out-of-band quantization noise and prevent aliasing, therefore 
there is no need for using higher order filters with increased group delay variation. 
5. Conclusions 
The phase non-linearity of the IIR polyphase filters, do not cause a significant distortion 
on the morphological and spectral characteristics of the input ECG signal. This is due to 
the very narrow and low frequency range corresponding the physiologically significant 
frequencies for the ECG signals. In other words, these frequency bands are close to DC 
where the group delay variation is already minimal (minimum phase filter) without 
using any group delay compensator. The high spectral coherence, high morphological 
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correlation and low nV error between the input and the output signals quantifies that the 
IIR polyphase filter introduces minimal distortion to the signal which would not affect 
critical diagnosis therefore, phase compensation is not a must for such an application. 
The work reported in this paper is that of a decimation filter to be used in an ECG data 
acquisition systems with very efficient filtering performance that delivers low-power 
and low-complexity. The proposed design meets the requirements of demodulating a Σ∆ 
modulator output while preserving the diagnostically important morphological features 
of the ECG signal. 
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